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(54) A pact^*swHched*netvvork telephone system 



(57) A telephone system is disclosed estabishing a 
link over a packat-switched-network (16). such as the 
Internet between two telephone interfaces (10.20) by 
exchanging network addresses. The addresses can 
include ATM addresses to alow a virtual co nnection to 
be estabfished between the interfaces The rrterfaces 
exchange speech data packets of speech signals fioma 
caBed party telephone and a caffing party telephone 
over the nehwrk An interface converts the speech sig- 
nals of the parties into the speech data packets The 
system dynamically allocates network and interface 
resources to complete the telephone cai transaction 
The system provides a number of en ha nced cafing 
services not normaly avaiable to PSTN subscribers 
including: message^efvery; cafi-bocfc call-screening. 
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network-camp-on, ca9-back-from-queue. find-me. 
meet-me-pager. cafl-forwanSng, calNntempt call-wait- 
ing, businessKfiafing, automatic-calkSstrftxition, virtual- 
aitomatio^alkistrtxjtkjn, speecttal. caMranster. 
conference-caling and network-administration. Echo 
canceflation is used to efemate echoes caused by 
PSTN circuits associated with the telephones. Saence 
is used to improve network efficiency by not 
sencfing packets when the parties are not speating. The 
delay in the packet-switched-network is used to adjust 
the size erf sound segments formed into a packet The 
interfaces alow the system to provide end points in a 
packet-switched network that manage a t^ephone call 
over tie packet switched network 
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Description 

Cross Reference to Related Appfications 

[00011 This application is related to U.S. *x*cations s 
having serial number 08/743.798 entitled System For 
Accessing Muftimeda Mafcoxes And Messages Over 
The Internet Via Telephone and serial number 
08/792.136 emitted A Telephone System Integrating A 
Pubfic Switched Telephone Network, A Packet Switched to 
Network And A Call Answering System and U.S. Pat- 
ents 5.029,199. 5.193.110 and 5.493.607, all incorpo- 
rated by reference herein. 

(0002) The present invention is directed to a system 
tor ptaczng telephone calls between two telephones is 
using a peckert-switched-network, such as the Inter- 
net/intranet or an asynchronous transfer mode (ATM) 
network and. more particularly, to a system that does so 
without requiring the caling party or the caled party 
have special equipment such as a conputer. and does ao 
so using encfcocnt managers to manage the call. 
[0003] In today's public telephone network, the most 
common device used is the plain oid telephone service 
(POTS) analog telephone. The problem with the POTS 
telephone service is it is very inrited in terms of what ss 
services it can offer. Private business exchanges 
(PBXs) are capable of pr ovxftig ©rtensive specialized 
calling services over a public switched telephone net- 
work (PSTN), however, a telephone must be tirectly 
connect e d to the PBX as an extension. POTS is also x 
relatively costly in comparison with dgrtal forms of com- 
munication. For example, an e-mail service srtscriber 
can send an unfimrted number of u limited length mes- 
sages at a low fixed monthly service 006t Inadcfton, 
typical POTS service dedfcates a channel between the x 
calng and called parties such that when the parties are 
not tafldng, the bandwidth of the channel is being 
wasted tran sm i ttin g sience. Because this decficated 
channel is being provided there is very ftfe incentive to 
perform sophisticated computationally intensive autfo <o 
compressnn on fie speech to more efficiently cany the 
speech ever the channeL 

[0004] With the explosion of the Internet and withthe 
relatively inexpensive cfigptal networtang it affords, Vbioe 
Over the Internet (VOQ is quctty becoming a realty. 45 
Products are already avaiafale that provide tor PC-to- 
PC voice co nne cti on s Ofccaftec, et al), and recently 
there have been product announcemerts for Teie- 
phone-to-PC and Te l ephon e »to»Telephone products 
(DiaJogfcAfocaftec, Mfcom). Each of these products so 
requires the cafter and caled party to have speciafized 
equipment and subscribe to an Internet service Each of 
these produc ts also uses a transmission bandwidth 
equivalent to an analog voice circuit 
[0005] What is needed is a system that wifl allow any 55 
calng party to place a cal to any cafled party using a 
packet-switched-network. such as the Internet or an 
intranet using compre sse d signals, thereby obtaining a 



lower cost of service, proving more efficient utilization 
of the communication bandwxfth, without requring the 
parties to have special equipment without reqiiring the 
parties to subscrtoe to an Internet service provider and 
which will also pronde enhanced caling service to the 
parties. 

[0006] In a conventional telephone network one or 
more centralized points, typically central offices, man- 
age a telephone cafl by checking to see if the cafled 
number is an existing PSTN telephone number, con- 
necting the caO. provkfing status information to the 
caller, such as a ringing signal, determining whether the 
called party has answered, etc In a distributed packet- 
switched network, such as thajntemet there are no 
centraBzed points to perform such management What 
is needed is a system that provides end point managers 
to manage a telephone call over a packet-switched net- 
work. 

[0007] In convent iona l telephone networks a tele- 
phone call is managed by signaling systems, such as 
SS7 switches, unta the end office becomes involved in 
the calL Once the end office becomes involved the net- 
work resources needed to harxSe the entire transaction 
are committed unto the entire transaction is completed. 
For example, when the caled party does not answer 
and a message is to be left on a voice message system, 
ass oc iate d with the called party, the network connection 
ml all network resources remain aflocatad to the call 
\Mt& the message is saved for the caled party. What is 
nee d e d is a system that dynamtcaly allocates network 
resources as needed to conpiete a transaction 
[0008] Because the packet-switched network is much 
less expensive for commutation between two points, 
a system that automatical routes tod cats over the 
packet-switched network is needed to reduce the callers 
oost of communication. 

[0009) Acconfng to one aspect of the present men- 
tion a system is provided that establishes a link over a 
packst-switched-network between two telephone inter- 
faces by exchanging network addresses and performs 
speech data packet exchange of speech signals 
between a caled party telephone and a calng party tal- 
ephone. The interfaces convert the speech signals of 
the partes into the speech data packets. The system 
provides a number of en ha n ce d caling services not 
available to PSTN sub6cri>ers. The system also man- 
ages the call by dynamkaty aftocating network and 
interlace resources in a way that reduces network utii- 
zation. Echo cancellation is used to efnrinate echoes 
caused by PSTN circuits associated with the tele- 
phones. Silence detection is used to improve network 
efficiency by not sensing padcets when the parties are 
not speaking. Lengths of delays in the packet-switched 
network are used to adjust the size of sound segments 
formed into a packet. 

[001 0] The present invention typically pro/ides a cas- 
ing party wfth the abSty to cal a cafled party using a tfg- 
rtal packet-switched-network, such as the Internet 
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without requiring the caled or calling parties to have 
s pec i al equipment 

[0011] The presert invention typicaly provides tele- 
phone to telephone based, real-time, packet switched 
conversation. 5 
[0012] The presert invention typically improves voice 
channel transmission efficiency by not tr ans nitting 
soundless portions of a telephone cafl. 
[0013] The present invention typically uses connec- 
tion protocols to reserve bandwidth or allocate network io 
resources tor the call so that delay is minimized in the 
packet-switohed-network. 

[0014] The present invention typicaly provides 
advanced telephone services, such as call forwarding or 
cafl queuing, tor any telephone. is 
[0015] The present trvention typically provides a 
smart corrputationally powerful telephone system that 
can provide features that t rad ition a l systems, such as 
PBXs, cannot provide, such as screen based adminis- 
tration used tor setting 14) an exclusion fist to reject cafls 20 
from selected calling parties. 
[0016] The presert invention typicaly provides 
enhanced calfing services to take advantage of an inex- 
pensive digital network lor sophisticated communication 
between the calfing and called parties. 2$ 
[0017] The presert rrwention typically performs conv 
pression and decompression of the voice signal trans- 
mitted ever the packet-switohed-network to reduce 
network usage. 

[00181 The present invention typically stppresses ao 
echo signals occurring ever the network when analog 
telephone circuits having hybrid circuits are part of the 
communication path. 

[00191 The present invention typicaly provides a sys- 
tem that works with hardware commonly available and as 
deployed today. 

[0020] The present invention typicaly provides a sys- 
tem that does not require the subscriber to obtain spe- 
cial equipment such as a computer or a simultaneous 
voice and data modem. 40 
[0021] The presert invention typicaly adjusts packet 
size of speech packets acoonSng to network delay. 
[0022] The presert invention typically provides end 
points in a packet-switched network that manage a tele- 
phone cafl over the packet swiched network whfle 49 
dynamicafly aflocafing network resources as needed to 
complete the can transaction responsive to tie service 
being provided 

[0023] The present inv e n ti on typicaly provides a sys- 
tem that automaticafly places tod calls over the packet- so 
switched network. 

[0024] These together with other advantages which 
wffl be subsequently apparent, reside in the delate of 
construction and operation as more fuQy hereinafter 
descrtoed and claimed, reference being had to the 55 
accompanying drawings forming a part hereof, wherein 
like numerate refer to ike parts throughout 



Figure 1 illustrates the system component s in an 
dfeital network telephone call; 
Figure 2 depicts the conponerts of the system of 
the present invention; 

Figure 3 depicts another embodiment for handling 
toBcafis; 

Figure 4 depicts the operations that occur on a 
source side (platform 14) during a telephone cafl; 
Figure 5 depicts the operations that occur on a des- 
tination side (platform 18) during a telephone cafl; 
Figure 6 depicts the operations of the Message- 
Defivery en han ced service; 
Figure 7 depicts a Camp-On service; 
Figure 8 depicts a Find-Me seogce; " v 
Figure 9 depicts the system In an intracompany 
environment; and 

Figure 10 Dusfrates echo cancelation. 

[0025] In a typical telephone cafl ftow, in accordance 
with an emboefmert of the present invention, a calfing 
party subscrtoer using conventional telephone 10. as 
Bustrated in Figure 1. cafls through a pubfic switched 
telephone network (PSTN) 12 to an originating or 
source service platform 14. The source platform 14 
answers the cafl with an appication that asks the caller 
to identify himself (account number, pass code, etc.). or 
uses automatic number identification (AMI) from the 
PSTN 12 to identify the caller/caling party telephone » 
necessary, the source platform 14 asks the caller tor the 
telephone runtoer of tie person they are trying to 
reach. The source platform 14 looks up the telephone 
number in a table to determine what equipmert is serv- 
icing the area for the telephone number input by the 
cafler. Using a p acke t-s w it c h ed-network 16. such as the 
Internet that connects a system or grap of platforms, 
the soiree platform 14 comnunicates with a destination 
platform 18 servicing the area of lie caled telephone. 
This comnunicafon involves identifying the caled and 
cattng parties, identifying the oii g s ating source plat- 
form 14. and determining reaHime delay characteristics 
of ttie network connecting the two platforms 14 and 18. 
The two end points 14 and 18 manage the telephone 
cafl over fhe network 16. 

Once tie destination platform 18 has al of the appropri- 
ate information, it places an outgoing cal over lie 
PSTN 12 to tie number or called party tie cafler asked 
to be tiaied. The destination platform 18 monitors the 
outgoing cal for ringingfousyfenswer con diti on Prior to 
the cafl being answered, tie destination platform 18 
wfca les call status to the originatng source platform 14 
and tie source platform 14 can Mtoate the status to the 
cafler such as by playing a ringing signal. When thecal 
6 answered via a telephone 20, the destination platform 
18 in d ca tes this to the source platform 14, the source 
platform 14 stops playing ringpng tones to the cafler and 
both systems begin the process of compressing the 
incoming speech from their respective PSTN connec- 
tions, shipping & via packet switched data packets to the 
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♦ other platform, whto at the same time, accepting incom- 

ing packets from the other platform, and decompressing 
the speech to ptey ft out over the respective PSTN con- 
nection to the handset or telephone. 

[0026] During this Talking* period, each platform 5 
14/18 is responsible for performing a/D and D/A conver- 
sion of the speech (9 necessary), performing encryp- 
tioatiecrypton (if desired), 

compressingtiecompressing the speech, performing 
echo cancellation of the data/si gnai it is outputtihgtothe n> 
respective telephone (20/10) to make sure the same 
data is net also being transmitted back to the speaMng 
party. Each platform 14/18 is also monitor in g the PSTN 
connec ti on for voice energy, and is only shipping 
speech data packets containing actual speech, thus is 
avoiding the transmission of "sflenca' The system also 
measures network delay and sets a packet segment 
ne. based on the delay, for the speech packets trans- 
ferred. 

[0027] The two parties (via the telephones 10/20) 20 
communicate as they norrnaly da untfl one party hangs 
14X The hang i*> is detected at the ap propr iate PSTN 
connection, and a packet is sent to the other platform to 
inefcate the conver sa tion is complete Cafl detail logging 
is then performed (length of call, packets tr ansm itted, as 
eto.) fo r any use charges applicable. 
[00281 A more detaled dtecussion of how this opera- 
tion is performed as weO as the components of the plat- 
forms wti be discussed later herein. 
[0029] Given the above^fiscussed basic call scenario. 30 
the following exemplary enhanced caling services can 
be added: Message-Defivery Cal-BacK CaB-Screen- 
ing, Frnd-Me. Network-Camp-On. Call-Back from cay in 
Queue Service. Meet-Me (pager). Cal-ForwartSng. 
C^^merrupt/CaB-Waitino. Business-Dialing, Automatic as 
Cafl Distrfoution (ACDyVirtuaJ ACO, Anywher*Speed- 
Dial. Cafl-Transfer, Conference-Cafing, and Admirastra- 
tfon via the Wetx These services wil be briefly 
gsgb ed below and dscussed in detail later herein. 
[0030] Message-OeBvery is a feature by which the 40 
destination platform 18 monitors the outgoing cal for a 
ring-no-answer or busy cond tt on. and returns status to 
the origi natin g source platform 14. in the case of a busy 
concfitfon, the destination platform 18 can ■ m ie iialdy 
dfeconnect andtflwrthe source platform 14 to continue 4s 
interacting with the cafler. tothecaseof ring-no-answer 
condition, the destination platform 18 must cortinue to 
monitor the Bne for an answer condrtion, urti the caler 
decides to give up. h either case, the source platform 
14 offers the cafter (caling party subscriber) the option 50 
to leave a message by pressing a key of the telephone, 
such as y ; O nce the caler presses the specific key. 
the destination platform 18 drops out of the cal. The 
source platform 14 then prompts the caller to record a 
message, which is stored locally on the source platform ss 
14 wtil the recortfing is complete. When the cafler is 
satisfied, the soiree platform 14 initiates a new session 
with destination platform 18 in which the message is 
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sent to the destination platform 18 and where an outoial 
request is created on destination platform 18 for the 
original caHed party telephone number. 
[0031] The source platform 14 as noted above sertis 
the message data to destination platform 18 so it is local 
to the destination platform 18 system at the time of the 
message deivery operation. The message data is thai 
removed from the source platform 14 system. Configu- 
ration parameters stored on the destination platform 18 
determine when and how often to attempt the called 
party number to deliver the message Message Delivery 
is a useful service in particular for a9 of the telephones 
having answering devices (since they com* pick ip on 
a busy condtton). and yet stfl alowmessages to be left 
[0032] By dropping the destination platform 18 out of 
the caO. the network resources between the soiree and 
destination are dynamicafiy deallocated, thereby freemg 
the resourc es for other uses. When the source platform 
14 initiates the transfer of the record e d message, the 
resources of the network needed to transfer the mes- 
sage are dynamicaly alocated to the transaction involv- 
ing the message deivery service After the messages 
transJerred from the source platform 1 43 to the destina- 
tion platform 18, the storage resources of the source 14 
are dynamically made available for other uses while 
those of the desti na tion 18 are *»™?afptl to m e ss age 
defivery. 

[0033] Cal-Back is a feature by which the platform 18 
performs the Message-Delivery featore as rttscnfiised 
above, but when the caled party answers the telephone 
20. during the message defivery operation, a voice 
application plays the message and allows the caled 
P*ty to press a single key (or otherwise inclcate via 
speech recognition) to incScate they wish to retun the 
call to the caling party. In such a situation, the destina- 
tion platform 18 becomes the source platform and the 
sequence of everts previously dfecussed are per- 
formed, fri this scenario, the normal reel-time cafl con- 
versation sequence occur as outfined in the beginning 
of this section, in the caff-back service the network 
reeorces are dynamicaly allocated to the return call as 
needed by the caled party 

[0034], Call-ScreenmgisafBAwbywr^thedesti- 
nation platform 18 performs a took-tp on the caled 
party* telephone number to determine if he is also a 
subecrtoer (a caled party oftsofoer) to the services 
offered by the system, ft so. the destination platform 18 
monitors the outgoing line for an answer conation, and 
when the called party subscrfoer answers, tie platform 
18 interacts with the caled party by an no uncing the 
name of the caler (i the calfrig party is also a sub- 
scriber and has a name announcement recorded), or 
the dgits of the telephone rumber of the cafing party 
are announced to the called party Wih tis announce- 
ment 9ie caBed party can choose whether to take the 
call During this time the caling party at the telephone 
10 continues to hear the ring-back signal being gener- 
ated by source platform 14, so the caler is not aware 



4 



7 



EP0905 959 A2 



8 



the caled party answered the phone. Rather than 
accept the call the caled party can choose to direct the 
caler to the called party's voice maitooK, which is resi- 
dent on the destination platform 1 8, to leave a message 
Call screening dynanicafly allocates the resources of s 
the destination platform responsive to the service being 
initiated. The destination, or the side of initiator of the 
service (in this case the destination where the sub- 
scrtoer has subscribed to cai screening), manages the 
service. 10 
[0035] Aufibte cafl screening can also be performed 
where the called party is allowed to listen to a message 
being recorded as is discussed in the cfcdosure entitled 
A Telephone System Integrating .„ And Call Answering 
System previously mentioned. is 
[0036] The Find-Me service is a feature where the 
called party is a subscriber and has several telephone 
numbers where the subscrtoer may be reached (home, 
office, car). The destination platform 18 attenpts each 
of the numbers in succession, or attempts all of the so 
numbers at the same time, in the hopes of contacting 
the subscriber. 

[0037] Network-Camp-On is a feature by which the 
destination platform 18 monitors the outgoing ine to tel- 
ephone 20 as rt does nomialy, and m the case of a busy 2S 
or ring^rwanswer condffion. the source platform 14 
offers a feature by which the source platform 14 wil cafl 
the caller bock when the destination platform 18 is suc- 
cessful in contacting the called party. Owing the net- 
work canp-on service the network resources are 30 
dynamically deallocated when toe service is requested 
and dynamicafy reafiocated when the cafled party 
becomes avaiable. When a busy or ring-no-answer 
occurs the system can also attempt to reach the called 
party via the Fnd-Me Service it is *fortheca0ed ss 
party. 

[0038] CaJI-Back-Rom-Cal-Quev ervice is stater 
to the Network-Camp-On feature ^mrrml above, 
except it is used in the scenario where the caBed p«ty 
is a service or heipine that has the caler to a queue to *o 
be answered by the next available agent Rather than 
having the cafing party waft on hold, the destination 
platform 18 waits tor a lunan being to answer the 
phone, and then tals the human being the customer is 
being contacted, and issues a network Gal-Back, as 4S 
tfscussed above, through soiree platform 14. 
[0039] The Meet-Me (pager) service is a feature 
where the caled party is a subscriber and has a pager . 
number associated with the service The destination 
platform 18 initiates a page, and adds a record to the so 
subscrtoer database tor tie cafled parly Mealing there 
is a call hoking for the subscriber on souce platform 
14. The caled party upon receiving the page can initiate 
a cai to the platform 18 (trom anywhere), and the called 
party subscrtoer is tokt tponenlry, a cal is hoitSng,arto ss 
allows the caled party subscrtoer to accept the cafl. ft 
the caled party accepts the cal. the cafing party is 
taken off held and toe cafing and called parties are con- 



nected together. 

[0040] The Cal-Forwarcfing feature is one where the 
called party subscriber record on the destination plat- 
form 18 has a afferent nuntoer for the subscrtoer. The 
Afferent number is obtained by the source platform 14 
from the destination platform 18 and used by the source 
platform 14 to initiate a cal. The source platform 14 
oa*l either instruct the calfing party the subscrtoer 
rwitoer has changed, or just use the dffierent nuntoer 
without the caller's knowledge based on the desresof 
the called party. Dynamic allocation and dealocatfon of 
network and platform resources occurs during cafl tor- 
wartfig when the destination platform is released upon 
senefng the source 14 the new telephone nuntoer anda 
new path through the network is allocated tor the new 
telephone number. 

(0041] CaB-lnterrupt is a feature where the caled 
party allows a second caler tointem** a conversation 
already occurring over the network 12 to telephone 20. 
When the second cafler cals telephone 20, the destina- 
tion ptattomt 18 first checte 

database) to see if the caled party subscriber is already 
on the line before placing the outgoing cal session. If 
the cafled party subscriber is already on the fine, the 
source platform 14 grve6 the caler the option to inter- 
net the call fif toe caled party subscrtoer allows tttsto 
occur) - or to notify the caled party subscriber via a tone 
or series of tones played on telephone 20 inefcattog a 
call is waiting tor the subscrtoer. The subscrtoer can 
then press a key to accept toe new cal. Cafl-toterrupt is 
also appfcable when someone cals the calfing party. 
By not serving voice packets to the cafing party during 
an interrupted call, toe resources of the packet-switched 
network are released for other uses. 
{00421 In Business-Diafing a business has customer 
premise equipment (CPE) attached to the business 
PBX The equipment provides access to the (figrtaJ IP 
network 18. This access is p rovided by in c orpo ratin g 
the functions of the prese tovenion into toe CPE. This 
alows the business to avoid the expensive per-minute 
access charges incurred whenever a cal (local or long 
dtetance) is placed This is also a savings to toe dfctel 
fP network provider since it reduces the PSTN ines in 
us*. 

P043] Tlie Automatic Cal Distribution (ACO) feature 
is one where a caler is put in a cafl queue for the caled 
party subscrtoer (simiar to the cafl waiting feature 
deecrtoed above), ercept toe queue is managed by the 
network to make sure calls are handed in the order in 
which they arrived. Virtual ACO is a state featare, 
except the caled party sttoecrtoer has a list of phone 
numbers used to accept rooming cafls, and the net- 
work chooses toe next avaiable agent to process toe 
can. Note toe agents can be located anywhere on the 
net won. 

1004*1 1 Anywhere-Speed-OiaS a calfing party sub- 
scrtoer can have any number (typicaly ip to 10) of 
spaed del rtmtoers recognized by the platform 14. 
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These nwitoers are preprogrammed either through the 
voice application interface, or via the World Wide Web 
(see the <*scussion of a dn i i sUdUon below). These 
speed dtal numbers are avaiable to the calling party 
subscri^regaraesstf ff 
nect to platform 14. 

[0045J Cafl-Transfer is a feature suffer to the Cal 
Screening feature mentioned above, however, the 
called party is allowed to input a new telephone number 
to which to transfer the cal. and the source platform 14 w 
starts a conversation using the new phone number. 
Cad transfer can also be used by either party during the 
real-time conversation to incfcate the call should con- 
tinue at another telephone number. The padcet path to 
the old destination is dynamically deallocated and the is 
path to the new destination, based on the transferred 
telephone number, isdynarricafly allocated in this trans- 
fer service, 

[0046] Conference^fngisafeatLrabywhicheaher 
the called or caling party can request another party be 20 
added to the call In this case, the appropriate platform 
14/18 initiates a new connec ti on, and reserves addi- 
tional <£gfel signal processor (DSP) resources to bend 
the conversations of the parties. 
[0047] In Administration via the Web. since the entire 25 
network is one where the Internet Pro to col (P) ts used 
to comrnunicate between the platforms 14 and 18, http 
servers are provided to comm u n i cate with the s*>- 
sotoer databases stored on the platforms W18. to this 
way, system adninistratorsorend user s u b sc riber s can 90 
maintain and manage their enhanced caling service 
features via PCs attached to the network 16. Naturdry, 
security systems fike SSL 3.0 need to be used to make 
sure the subscrtoer is authenticated before being per- 
mitted to make any changes. This type of administration 35 
signlicantfy reduces tie number of cals to be handted 
by a customer service agent thus alowing the service 
propter to save moneys 

scriber to exercise greater control and permits the end 
user subscrtoer to manage compter features (focal 40 
torwardtog and speed rial ruttoers) that today prove 
too onerous to perform via a telephone handset VW>- 
baser>ad m ai stiatiun aiows a subscrtoer to access a 
•home-page* of a service provider, such as a telephone 
conpany, using a co rwe ntom "browser* and mate 45 
changes to the subscrtoer's database records, such as 
changing a cafl-tonmrrfng telephone nunber or updat- 
ing a find-me telephone number 1st This access is &e 
the access provided in the system described in U& 
ap pi cati u " serial no. 06/743,793 incorporated by refer- so 
ence herein. 

[00481 A platform, such as platform 14/18, has ai 
architecture based on the tfstrtouted voice nafl platform 
deserved in UL& patent 5,029.199 and incorporated by 
reference herein As shown in Figure 2, the platform ss 
14/18 includes a confroi unit (CU) 30 which comnrwh 
cates with the PSTN 12 for telephone cafl control and 
routing. An incoming caD or an outgoing cal is routed 



through a cfigitai switch 32 to form a connection 
between an a ppflca ti o n processing unit (APU) 34 p^. 
terming the cal processing of the platform 14/18 and 
the PSTN 12. The digital switch 32 and the routing con- 
trol by the CU 30 is not required when ports of the APU 
34 are dedicated to the telephony operation art a cen- 
tral office switch within the PSTN 12huntstoranavaia- 
bie trunk to the APU 34. The APU 34, in addtton to 
performing the functions necessary to interact with the 
caling and the called party, also performs A/D and D/A 
oorwersion of the speech, compressestiecompresses 
the speech, echo cancellation and silence detection. 
The cfigitized speech of an internet telephone cal is 
transferred between the APU 34 and a network 
processing unit (NPU) 36 over an internal ethemet 38. 
The system can also include a high speed 1 0Olvto ether- 
net connection 40 directly between the NPU 36 and 
APU 34. The NPU 36 is essentiafly a conventio nal IP 
router, such as available from Cisco Systems or Bay 
Networks, through which the cfigrtal speech is routed. 
ItoNPU 36, as an alternative, can include an asyn- 
chronous transfer mode (ATM) interface to alow direct 
operation with ATM switches to the Internet 16. Alterna- 
tively, other packettased protocols, such as frame 
relay, and other packeNased networks can be used. 
The NPU 36 routes packets over a conventional virtual 
arojit through the network 16 to another remote APU to 
platform 18 aid assembfesftfisassembtes data packets 
of the cfigrtal speech in a convenfional Internet P rotocol 
(IP), such as User Datagram Protocol (UDP). Each of 
the trtts 30 and 34 is based on a personal computer, 
such as an Intel Pentium 1 * 133/166 Mhfe processor with 
32M RAM.4G8mirToredAedurxlantcfisk*Tv« 
tie Mcro60ft WindowsNT" operating system arto cou- 
pfed togetoer by a 10Mb ethemet 38, such as fouid to 
the AccessNP™ system available from Boston Tectwol- 
ogy, toe The units also include the appropriate conven- 
tional interface units, such as voice modules from 
Natural Mcrosystems inducing a high speed cfigrtai sig- 
nal processor (DSP) and modem cards, necessary to 
perform the interface fuictton of that particular uraL It is 
ato posstote for the APU 34 to be configured wrto toe 
droits necessary for the APU 34 to perform the func- 
tions pf the NPU 36. 

[0049] Dutog a typical incoming telephone cal to a 
platform, such as platform 14, the CU 30 of the ptatform 
receives the telephone number doled by the caling 
party from tie PSTN 12, provide s a pp ny H t o 
addresses to the switch 32 and thereby routes the ctfl 
from the incoming trunk to an avaiable voice port of an 
APU 34 that includes an irtemet telephony application. 
The CU 30 also informs toe particular APU 34 assigned 
Ihe cafl the cal is arriving on the avaiable port Duing 
an outgoing cafl, such as when the platform 18 is estab* 
fishing a fink with the caled party over the PSTN 12, the 
CU 30 receives a request for an assignment of an tnrtc 
to an avaiable APU port and co m man d s the switch 32 
to provide a connection to the available trunk. 
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[0050] Rgue 3 depicts another embocfimert which is 
typically used lor long dfetance toll calls where thecal* 
is char^ for the individual cal* 
a toll cafl, such as by dulng 1' followed by the cafled 
party number, an end office 50 automatically transfers 
the can through the PSTN 12 to the platform 14, in the 
same way that end offices transfer too calls to a pre* 
ferred long distance provider today. At the same time, 
the caJing party telephone number and the caled party 
telephone nurrt>er are transferred by conventional sig- 
nalling, such as SS7 signaling, to Ihe CU 30. The CU 
30. in adcftion to assigning an APU 34 to handle thecal 
and controting switch 32, supplies the assigned APU 34 
with the two telephone numbers. The APU 34 checks 
the subscrfcer database to confirm that the calling party 
telephone number is of a subecrfcer. and then looks up 
the destination platform address a ss oci ate d with the 
cafled party telephone number and places the cal. the 
steps of which wil be described in more detafl later 
herein. 

[0061] The internet telephony appication of the APU 
34 interacts with the caffing party using a conventional 
interactive response type process to obtain the informa- 
tion needed to connect the can, such as cafng party tel- 
ephone number, caling party identification and called 
party telephone number. Once a connection has been 
established the APU 34 samples the incoming speech 
of the cafing party (or called party) and compresses the 
speech using a c ompr essi on procedr e, such as the 
low bit rate procedure available from DSP Group as 
TrueSpeech/H.323 and which is typically used for the 
autfo portion during video conferencing (see 
www.dspg.com for detaied information about this tech- 
nology). The APU 34 forms spe e ch segment packets 
having the IP address of the destination tfien sends the 
packets over the internal ethemet 38 to the HPU 36. 
which roues them over the network 16 to the destina- 
tion. During the cperation for est a bfi shi rq a lr^ 
PSTN 12 to the caled party telephone 20, the APU 34 
performs a conventio na l ouHfial process type process 
to "ciaT the called party telephone and interact with tie 
cafled party to establish the ink. The APU 34 also per- 
forms cal analysis, to be dfecussed in more detail later 
herein, and provides the reetfts. such as instating tie 
cafled party telephone is "busy* or has tung-up, to the 
source platform 14 for con maii cafi on to tie eating 
party if appropriate. For speech data arriving over tie 
Internet 16, the APU 34 performs the reverse operation 
to output speech signals to the telephone 1 0/20 through 
the switch 32 and PSTN 12. 
[00S2] Although not shown in Rgure 2, the APU 34 
preferably includes echo cancelation te chnology; such 
as available from Coherent Co m i m i calions and which 
wll be discussed in more deta! later herein, and located 
on the PSTN "side* of the platform 14/18 to cancel ech- 
oes produced in the 2~to-4-wire hybrid circuits of the 
PSTN 12. 

[0063] The platforms 14/18 also preferably perform a 



silence detection operation, which wil also be dis- 
cussed in more detafl later herein, and do not send 
speech packets when the parties are not speaking, 
thereby conserving network resorces* In this situation, 

5 the other side does not receive speech packets dtringa 
silent period and "plays" stance to the party. 
[0054] Several Afferent 'connection" protocols can be 
used to estabfish a connection between two platforms 
over existing digftal packet-switched-networte, indud- 

10 ing the internet protocol (IP), asynchronous transfer 
mode (ATM) packet switching protocol, frame relay, etc. 
The present invention can estabfish a connection and 
perform voice signal transfers using the Internet Proto- 
col or other protocol However, if the platforms are on 

is ihe same ATM network, it is preferable that the Internet 
Protocol be used to estabfish the initial rendezvous, with 
the ATM protocol being used to establish an ATM con- 
nection, using ATM network IDs, between I/O ports of 
the platforms. Using an ATM connection provides 

20 improved delay characteristics as compered to an IP 
connection. The UDP protocol is preferably used when- 
ever an ATM connection cannot be made. 
[0055] During a period of UDP packet exchange 
between the platforms 14/18. such as when the caling 

25 and cafled parties are talking, each side sends each 
UDP packet with a monotonic afl y increasing packet 
sequence number. The receiving side discards any 
packet arriving with a sequence number less than or 
equal to the packet sequence number of the packet cur- 
at* rentty playing (or which has completed playing). 

[0055] The processes d te c u ssed below with respect to 
the present invention are described for convenience 
using flow charts depicting the operations as flowing 
from one operation to another. However, the processes 

35 are preferably i mp l em e i tte d as interrupt driven proc- 
esses. For ©cample, during a conversation, tfie source 
platform 14 (Sgttres the speech of the subscriber and 
sends it to the destination platform 18 to be played to 
the cafler, and when the caller hangs tp, this is detected 

40 by the cal monitoring oper ati on of platform 14. which 
produces a hang-tp intern** detected by an interrupt 
manager that then ooecutes the hang-up operations. 
[0057] As previously mentioned, when a caler cals 
the platform 14, the caBer selects the Internet telephony 

« service and enters 100 a te l ep ho ne number of the 
caled piarty telephone, as depicted in Rgro 4. When 
the caller has entered this destination telephone 
number, tie source platform 14 APU (or CU) performs 
102 a table lookHto to obtain the name or address of the 

so de stination platform 18 servicing the area of the caled 
party. The destination platform 18 is known by a specific 
machine name, such as *anp12bo6techxom." Ihe 
source APU uses the Domain Name Service (DNS) of 
an Internet service provider (ISP) to translate the 

55 machine name of the platform 22 to its IP address. The 
source APU then connects 102 (issues a TCP connect* 
using the TCP/IP) to the IP address returned by DNS, at 
a particular TCP port mmber (PN). The port number is 
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"hard coded - to refer to a particular service or appfica- 
lioo. and in this case the service may be called "Internet 
Telephony Service." using the IP address and port 
nutter (DPIPPN) of the destination platform 18. For 
example, tie tittp* service is (by defaiit) at TCP port 
■80/ The appicatiorVservice can be running on one of 
the destination APUs or on the destination CU. The 
TPC connect" packet inckxies the TCP/IP address of 
the source APU. When the packet is a "TCP connecT 
packet from the platform 14 the destination platform 18 
responds with a TCP accept" packet 
[0058] After connecting to the destination ptetforml8. 
source APU sends 106 a service request packet to the 
platform 18 using the DPIPPN as the destination 
address. This packet indudes the following infor mati o n : 
the caled party telephone number, the caiing party 
subscriber telephone number, the ap propr ia te security 
code for authentication of the caiing party subscrber, 
the UDP address of the process on the source APU 
inducing the UDP port mmber (UPN). The destination 
platform 18 stores this IP address and port number 
(SPIPUPN). 

[0069) The destination platform 18 receives 200 (see 
Figure 5) the request and determines 202 whether there 
are available resources, that is. whether there s 
tination APU and a destination telephone trunk avaiable 
to service the request The available destination plat- 
form 18 responds to the service request wrti an irtica- 
tion packet 204 sent to the SPIPUPN indfcafrig there 
are no resovces avaiable (NACK) for processing the 
request a responds 206 with an acknowledgement 
(ACK) inducing the UDP network address and port 
nurfcer (DPPUPN) of an avaiable port (or process) on 
an avaiable APU. The destination APU also starts 208 
an outiaJ operation to (Sal the called party telephone 
nurta using the received called party telephone 
number. 

(0060] The soiree APU can indicate this cafl progress 
to the cafler but otherwise waits for further information 
from the destination APU and presents or plays sience 
tothe caler. 

[0061J Substantial immecfiatefy after the ACK is 
6ent the destination APU sends a set of test packets, 
preferably three, to the source APU in rapid succession. 
These packets are used by the source APU to calculate 
a maamun network delay. Each of the test packets 
from the soiree indudes a time starrp. The time stamp 
is incorporated into the repfy packet sent bythedestine- 
tion to the sourca The tthrence in the current time at 
the source and tie time stamp in the reply packet when 
the reply packet is received at the source is used to 
determine a round trip delay The round trip delay is 
cfvided by two to get the one-way delay. The one-way 
delay time is stored in the source APU and also sent to 
and stored in the destination APUL 
[0062] lfaNACXisrecerved.an a cfqwwledgemert 
net received 108 (see Figure 4) or 9 a TCP aocepT is 
not received within a prede te rmined period of time, the 



source APU informs 1 10 the caler and allows the caler 
to initiate an ap prop riate en ha n ce d service, such as 
Message-Delivery 

[00631 Once the acknowledgement is received 108 
5 from the destination, the source starts sencfing 112 
caller-generated UDP speech packets to the destination 
using the DIPUPN as the destination address and. until 
the called party answers, the destination APU does not 
accept tie packets or discards them 
10 [0064] The destination APU. once the telephone 
number is "dated,* performs co rwq iliond l call analysis 
210 (see Rgure Si on the call ndudtag detecting ring- 
ing, busy; detecting a ring-no-answe^capturing tie 
speech of an operator intercept o^an incorrect nurrber 
15 or maJf irction, etc and provides the cafl analysis hfar- 
nation, such as a ring indication to the source. The des- 
tination APU sends 212 the status in for mati o n for 
example a ring packet to the source APU where the 
information (the ring indication) is provided to the caler. 
such as by outputing a ringing signal generated by the 
source APU a busy signal or the forwarded intercept 
digital speech as needed. Whenever the status remains 
the same, such as whfle the telephone rings, no ac- 
tional information is sent from the destination to the 
source and the source APU presides 114 the appropri- 
ate i ntonation (ringing in this exarrple) to the cafler. 
Note when there is an event such as a busy or ring-no- 
answer, that can be used to trigger an enhanced serv- 
ice, the source APU provides the caller a p propriate 
options as ctiscussed later herein in detail. Also, when 
an operator intercept is detected (faring cafl analysis, 
such as when a wrong nuntoer is dialed, a packet is sent 
to the source Wowed by a connect, as dfecussed 
beta*, so the intercepted speech can be sent to the 
source. 

[0065J When the caBed party answers 214. the desti- 
nation APU sends 216 a cafl connection packet to the 
source APU The source APU can then initiate a tdfng 
went if appropriate. The connection packet is rnmetf- 
atery followed by beginning 218 to record and send 
Speech packets of the caled party to the source APU 
uang the S^PN and the destination APU begins play- 
ing fh$ speech pactets received from tie source APU. 
The source APU when it receives 116 thecal connect 
packet also begins 118 playing received caled party 
speech packets and contirues recording and sendng 
speech pockets of the caler. This begins a period of bi- 
drectional ctigital speech UDP packet transfer where 
the source and de stinati on APUs capture speech sig- 
rate and send speech packets as wed as play received 
Speech packets. 

(00661 During the cal setn* i speech packets are 
received from the destination before the "TCP connect" 
or before the acknowledgement, the present invention 
performs the connect status change and begins speech 
transfer. 

[0067] Duing the bt-cfrectional speech transfer 
period, speech samples are conventio na l compared. 
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in the APU, to an energy threshold (inducting anplitude 
and tone factors) below which the sample is considered 
to represent silence. M the sanpie is below tus thresh- 
old no speech signal is transferred In this way the net- 
work is not used tor speech data transfer except when 
the parties are actually speaking. In this situation, the 
other side doe6 not receive speech packets during a 
silent period and "plays - silence to the party. The 
silence detection operation preferably has a very short 
silence-to-energy detection threshold period (<5ms) to 
insure afl the speech of the parties is captured and there 
is little or no speech dipping. The operation preferably 
has a relatively long energy-to-sflence detection thresh- 
old period (>500ms). By meeting these criteria, comput- 
ing resources are not wasted fipping beck and forth 
between energy/sfence Several thresholds are prefer- 
ably provided to allow extinguishing between different 
types of events, such as silence and a constant energy 
dial tone produced when a party hangs tp, as wefl as to 
aflow a djuhUi na tt s to ocar when a telephone trunk is 
particularly noisy and would result in speech signals 
being transferred when the speaker is reafly slant or 
when a speaker speaks very quietly. 
[0068] The segments of sound cf gitized and formed 
into a packet are preferably as small as posstta How- 
ever, making a packet as small as 5 milBseconds (ms) of 
sound results in excessive addressing data overhead. A 
20ms segment is an a ppro p r iat e fixed and minimum 
sound segment size for a packet A 20ms speech seg- 
ment results in about 20 bytes of speech data which 
when combined wift the 32 bytes of UDP-IP header 
data results in a packet with an overhead of over 50V 
Preferably, the sound segment size of the packet is 
adjustable father flan fixed. The maximum delay deter- 
mined during the initial cal set^ 
size of the packets. The maxnun delay is muttpfied by 
1.5 to obtain the segment size If the network delay 
changes during the call, the sound segment size of the 
packet can be adjusted accord ngty. 
[00691 As the telephone cafl proceeds* the source and 
destination APUs monitor the energy of twfrunteofthe 
caller and caled parties. When a hang ip is detected 
120/220 based on signaling from the PSTN, such as a 
ground start signal the APU detecting the dfceonnect, 
say the destination APU sends 222 a d fccou w cl cal 
packet to the other APU The d sc onnec t call packet is 
sent to particularly cfstinguish sience when no data is 
being transferred, from an actual dfeconnect The 
source APU terminates the bfling event stores the bit- 
ing record and responds 122 with a cfiscomect 
actaio*ledgement packet Both APUs stop 124224 
sanping, release their respective trunks (go orvhook) 
when the party hangs-up and Mtoate to the CU they 
and the trunks are available whfle the APUs terr ate 
t he virt ual ink between the platforms. 
[0070] If the calling party does not hang-up a 
period of time after the dfeconnect, the system r ay 
a prompt to the calling party to start another , or 



some other service. 

(0071] ft is poesfete for tie caled party telephone to 
have an e nhan ced service, such as call screening. In 
such a situation, the cafl connect process previously 

5 discussed is not initiated until the destination APU has 
performed the call screening process 
party telephone to be used to accept a reject the caD 
from the caling party telephone. During such screening 
the caller receives a ringing signal initiated by the call 

io analysts. If the called party refuses the can, the destina- 
tion APU can immediately issue a tfsconnect to con- 
serve network resources, with the source APU either 
continuing to play a rmging sign^ 
ing a refusal message and prompting thtfcallertoalow 

» a message to be saved and delivered, such as 
described below 

10072] The enhanced caffing service called Message- 
Deivery typicaly is effective when the caled party does 
not have a \eice mafl service or an answering machine. 
so Message-Delivery, as depicted in Figure 

can analysis operation that detects a busy (or ring-no- 
answer "RNA"). A busy packet is forwarded 240 to the 
source APU which plays 140 a busy tone to the cafter. 
The platforms also proceeds through the cafl tfscomect 
phase previously discussed to stop the sensing of 
speech packets from the source platform 14 to the des- 
tination platform 18. At this time a prorrpt is overlaid on 
or multiplexed 142 with the busy tone (which busy tone 
is provided at reduced volume). The prompt asks the 
cafier if the cafler would Ite to leave a message for the 
destination. If the caller hangs i*. or rf the caller does 
net accept 144 the Message-Defvery Service, the tru* 
is released 146. If the cafler accepts the service, a mes- 
sage is recorded 148. Once the entire message is 
recorded, inducing allowing the caler to change the 
message, etc and indfcate the message is to be sent 
the source APU forwards 150 the entire message to the 
destination APU using the DPIPPN with a request to 
deliver the message. In doing this the source APU 
estafatishes a TCP/IP connection with the dm tii mlkn i 
APU and conventfonafly tansmits the message The 
de stination APU performs 242 a conventio na l outiai 
process to provide the message to the caled party. 
When the called party receives the message *>e desti- 
nation APU sends 244 a com pl etion message packet to 
the souce APU This packet can be used to bi for the 
message defvery or inform 152 the caler toe message 
was received. Of couse if the message cannot be 
defvered wttin a predetermined period of time or tie 
called party telephone has call screening and the caled 
party does not accept message a felure message 
desert ing the problem can be provided to the caler. 
[0073] Owing a ring-no-answer situation, after a ring 
indtaation has been received by the source platform 14 
from the destination platform 18 aid after a predeter- 
mined period of playing a ring signal (say 24 seconds) 
to the caller, a ring-no-answer prompt is played to the 
caler via the source APU overlaying the ring signal 
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wttfe the destination APU cortirues to moritor the 
cafled party telephone The ringro-answer prompt asks 
the caier if the Message-Delivery Service is to be initi- 
aled, tf the caled parly does not answer and the caller 
accepts the Me6sage-Deivery servica the source APU s 
initiates a dtaconnect followed by message recor di ng 
148 and deivery 150 as previously discussed. &, how- 
ever, the called party answers, as detected by thecal 
analysis process, before the caltng party accepts the 
Message-Delivery service, the destination APU sends 10 
216 a cal connect packet the connect is recognized 
116 and the caler and cafled parties are connected 
1 1 a/218 and the message defivery service is (Sscortin- 
ued 

[0074] In the Call-Back service, the sender of themes- is 
sage can vticate the receiver of the mess a ge can cal 
the message sender back after the message is 
received. This facStates urgent communication. In this 
station, the message forwarded in step 150 also 
includes a command packet initiating the Cal-Back 20 
service in the destination APU. This command includes 
the telephone number of the original caJDng party. When 
the cafled party has received or istened to the message 
played via the Message-Oeivery service noted above, 
the destination APU plays a prompt asking if the called 25 
party wishes to return the cal ff the called party at the 
destination APU accepts, the destination APU initiates a 
cal by st ar t in g with the look-up step 102 depicted in Fig- 
ire 4. The return cal proceeds as is depicted in figures 
4 and 5. 30 
[0075J The Network Camp-On service starts with a 
busy detection being transmitted 240 to the source APU 
and a prompt 142 being played to the caBer. The prompt 
is simSar to the previously-descrtoed prompt for Mes- 
sage-Oeivery, but the Network Canp-On prompt aste x 
the cafler if the caler would fee to camp-on the ine until 
the caOed party answers. When the service is accepted 
1 60 (see Figure 7) , the caler can be aflowed to record 
162 a brief message or a name amotncemert Once 
the record ng is completed, the system sends 164 a 40 
canjxn request which includes tie name announce- 
ment to the destination APU When Ms request is 
received and a cknowledged 250, tie destinaion APU 
initiates a decerned as previously discussed ff the 
fine becomes unbusywhie the CampOn is being proc- 45 
essed and before a cfscormect is started by the destina- 
tion APU the system puis the c onnec ti o n through 
s tar t in g «wth step 216, as previously discussed, and the 
camp-on process is terminated at the some and desti- 
nation. Alter the cfccormect has occurred, at periodfc so 
intervals the destination APU performs an oukfial oper- 
ation 254 to cal the caled party. When cafl analysis 
detects an off-hook or answer 256, the destination APU 
plays 256 a message, which can Include the name 
armomcement recorded by tie caler, asMng the called » 
party to hold whfle the cal is connected to the caffing 
party. The de sti r wiliun APU initiates a cafl by starting 
with the tooknp step 102 of Figure 4 using the calling 



party ramber provided 106 in the request for servica 
[0076] During the Cal-Back-From-Queue service the 
caller has, for example, called a help service and been 
put in a queue to obtain service from the neod available 
service provider or agent The caller in this situation can 
initiate this service by depressing a selected key on the 
caller* telephone. Once the caler has selected the 
service, the destination APU is informed, by a cafl back 
queue packet the cal is to be tisconnected through the 
network 16, as previously efceussed. The destination 
APU continues to monitor the caled party trunk using 
conventional cafl analysis and each time the destination 
APU detects speech, the destination APU plays a 
prorrpt requesting the caled, party enter a cfigtt 
sequence, such as -#r. to speak to the caller. The sys- 
tem, once the tfgit sequence is detected, initiates a con- 
nect back to tfie cafler. such as previously tfscussed, by 
starting with step 102 of Rgure 4 using the caSng party 
number. It is also posstte for the system to use speech 
recogni ti on technology to recognize the cafled party has 
now answered and perform the cafl back responsive 

Mi 1 I. 

mereoL 

(0077] The Rnd-Me service requires the cafled party 
telephone be a subscriber to tie packet-switched-net- 
work telephone servica The destination APU, as 
depicted in Figure 8. when the request is received 200 
from a source platform and after a table look-tp deter- 
mines 270 the called party is a find-me service sUb- 
scrtoer, sends 272 a service class incScator to the 
source where the source APU can play a message to 
the caler indicating the system wfll be trying several 
numbers to reach the called party and. if desired, allow 
the caler to hang-up. H the caller continues wfth the cal. 
the destination APU repeats the oukfol process 274 tor 
each of the numbers stored tor the caled party perform- 
ing cal analysis, allowing 276 the caled telephone to 
ring a predetermined ruTtoer of time6 before hanging- 
ip and doing the next number. When the called party 
answers the connect operation 016) previously de- 
cussed is performed. If fee end of the list is reached 
278, a ring-no-answer packet is sent to tie source APU 
[0078] The Me et Me pager service requires the caled 
party sUbsotoe to a pager service and the desination 
APU fc recognize this via a look-tp, such as step 270 in 
the Rnd-Me service (see Figure 8). When the caled 
party does not answer, the destination APU sends a 
"class of service" tncficator to the soiree platform, as in 
step 272, where a pronpt is played asMng the caler if 
tie caled party should be paged. If the caller accepts 
tie service, the soiree APU sends a page request 
pactat to the destination APU to request the page The 
destination APU outputs the page request with a spe- 
cie return telephone ranter (such as of the destina- 
tion platform) and can also send a page idertfic a ion 
coda The destination APU then initiates a disconnect to 
conserve network resources. When the paged party 
cafls tie specific telephone mvrtoer, tie destination 
APU ascertains the caller is the party paged by request- 
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ing the paged party to enter the page identification 
code, or if such a code is not used, by entering an 
account number and passcode. Once the paged party 
is identified, the desti na tion APU plays a message rncfi- 
eating the cafl is being connected and simultaneously 
performs a connect operation to the source APU by 
sending 21 6 a cafl connect packet The calEng party and 
the paged party are connected and the caO continues 
116/218 as previously cfiscussed. If the caMer hangs-up 
before the paged party re sp ond s , the source APU 
informs the destination APU the caler has dropped the 
request When the paged party caRs the specific 
number, the destination APU responds to the paged 
party with the option of caOing the cafler back as occurs 
in the Call-Back service 

[0079] In the Cafl-Fbr*ercf ng service, the source APU 
attenpts to estafafish a cal to the cafied party using a 
telephone number that unknown to the source APU 
has been forwarded to a Afferent ttgrber. The destina- 
tion APU. when ft receives the service request recog- 
nizes the number has rtanged using a look-up 
operation Bee in step 270 and responds to the source 
APU with a cafl forward inrJcator packet and the new tel- 
ephone number. The source APU can inform the caler 
of the delay if desired. The source APU then starts a cafl 
connect process as if the caller had just entered this 
new number by performing the look-up 102, etc. neces- 
sary to establish a cal to the new number. 
[0080] In the C^-lrtemjpt/Cal-Waiting service, when 
the subscriber calls the platform to cbtain service, the 
platform records the subscriber's telephone is in use 
using the platform. When a desti nati on platform 18 
receives a service request prior to starling the outtal 
208 tor the telephone number, the destination APU 
chqete the subscrfcer database in the CU to determine 
if the siAscriber telephone number is currently in use. 
When the cafled party t el ephon e is in use and the called 
party telephone has subscribed to the service, the des- 
tination APU sends a cal progress indicatiQn to the 
source inrJcating there is a call in process by the called 
party. The source APU plays a prorrpt to the caler incS- 
cating the cafled party tdephone is in use and request- 
<ng the caller indfcate whether the cal should be 
interrupted, or whether the carter wants to hold a leeve 
a message The response of the user is relayed to the 
destination APU aflowing the destination to disconnect 3 
a message is being taken, play an interrupt tone and 
message to the caled party i an interrupt is to occur or 
play a cal waiting tone rf the user is waiting. The cafled 
party can accept the interrupt or switch to tie waiting 
cafl by entering a code in the telephone. When the code 
is recognized by the destination APU monitoring the 
cal. the destination APU, if the ine is being using tor 
another cafl. riscontinues senrjng speech packets to 
the olher location, <fscontinues playing speech packets 
from the other location and sends 216 a connect to the 
source and the cafl cs co nn ec t ed as prmously dis- 
cussed. When the interrupting cal is finished by the 



receipt of a hang-up packet from the other location or 
the entering of a switch back code by the caled party, 
the exchange of speech packets with the other location 
continues. If the caled party was involved in another 

5 operation, such as performing matoox administration, 
the operation continues. It is also possUe to bridge the 
two calls using a dHferent code so all parties receive the 
speech packets creating a conference cafl. 
[0081] In the Automatic-CaM)istrt>ution (AGO) or vtr- 

10 tuaJACD service, the cafler source address is placed in 
an ordered queue in the destination APU with the desti- 
nation APU sending an inrJcatfon of the entry into the 
queue to the source APU where a corresponding mes- 
sage is played to the cafler. Trq ffi o ridfty , the caler 

is remains in the line untfl an agent becomes available, 
however, it is possHe to provide a cal-back when the 
agent becomes avaflabia The destination APU moni- 
tors cafl progress for multiple service personal or agent 
telephones and initiates a connect (216) between the 

30 first avaiable agent and the cafler at the top of the 
queue The cal progresses as has been previously ds- 
cussed. In virtual ACQ. the cafled party has agents 
located at different points in the packet-switched net- 
work 16, each w«h a (Efferent telephone number. When 

25 an agent signals to the agents APU that the agent is 
available tor the next call, the agents APU accesses the 
queue and obtains the next cafler from the fist, inducting 
the IP address and port of the caler. and issues a con- 
nect directly to the caler. Once the connect occurs the 

so agent and the caller talk. If the agent actually cfecocv 
nects from the agents APU and frees up the APU port 
the agent stolid be required to go through an authenti- 
cation process to be r aofidated as an agent Because 
the connect is aviated by the agerfs APU the agent 

35 can be located anywhere on the packet-switched net- 
work 

{00821 In the Anywhcre-Speed-Dial service; Vie 
source platform (typically on the CU) maintains a ist of 
telephone numbers for the s&tacrfeer. When the sub- 

40 scriber cafe the source APU, from any telephone, and 
enters the s pe e d dtel code and nunrfoer irafcator, the 
APU accesses the list and obtains the cmptete nuTtoer 
and then starts the process wih the took-ip step 102 
titoussed with respect to Rgure 4. 

45 (0083] In the Cafl-Transfer service, when a transferring 
partyt say party 2J (either a cafing or cafled party) inrtj- 
atee a transfer operator the APU whether rt is the 
source or destination APU, stops outputting (playing) 
the speech from the party, say party 1 , to be transferred 

so and stops sending speech signals to the party 1. essen- 
tiafly putting the party 1 on hold 
[0084] In the situation where the ti d r fcten i q party 
(party 2) does not want to speak with the party, say 
party 3, to whom the cal is being fransferred, what is 

55 called a bfind transfer, the party 2 APU sends the tele- 
phone number and a transfer command to the trans- 
ferred party Vs APU. The party 1 APU initiates a 
dscomect with party 2 and starts a new cafl by per- 
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forming a lookup 102 and requesting a connection to 
the party 3 to whom the cal is being transferred. 
[0065] If party 2 desires to speak with the party 3 to 
whom the cal is to be transferred prior to the actual 
transfer, which is caled a monitored transfer, after slid- 
ing esserttiaBy a parte command to party 1 so the party 
1 APU stops serving speech packets and stops expect- 
ing to receive speech packets, party 2 APU starts a nor- 
mal call to party 3. After a connection is made and party 
3 indicates the transfer is acceptable, party 2 indicates 
the transfer is to take place. The party 2 APU sends the 
party 3 APU the KP address and port number of party 1 . 
The party 2 also initiates a tfsconnect with party 3. 
Party 3 then initiates a connect with party 1 using the IP 
address and port received from the party 2 APU. Upon 
receipt of the connect the party 1 APU starts packet 
exchange with the party 3 APU and the parties start 
talking. 

[0068] H party 3 does not accept the cal and hangs up 
or if party 3 does not answer, the party 2 APU issues a 
connect to the party 1 APU and the conversation 
between party 1 and party 2 resumes. 
[0067] During the Conference-CalBng service, catts 
are connected between afl the parlies so each APU 
exchanges speech packets with al the APUs involved in 
the confer e nce, in the original configuration, party 1 is 
talking with party 2 and party 2 initiates the conference 
with party 3. To establish the connection to party 3. the 
party 2 APU cfiscontinues the transfer of speech packets 
to party 1 and initiates a cafl to the party 3 by starting 
with the step 100 of inputting a new telephone nuntoer. 
When party 2 has affirmed party 3 is to become 
involved in the conference, the party 2 APU sends the 
IP adfress and port number of party 1 to the party 3 
APU, the party 2 APU also sends the IP address and 
port number of party 3 to the party 1 APU. The party 3 
APU begins sending speech packets to and accepting 
speech packets from boft party 1 APU and party 2 
APU. and the party 1 APU begins sentfng speech pack- 
ets to and accepting speech packets from both party 2 
and party 3. The party 2 APU also sends to and 
receives from the party 1 and party 3 APUs. A bi-drec* 
tional data stream is toeraby estabfishod between each 
party of the confer e n ce cel. Each APU is tius response 
ble for cu i Itiwiy Vie speech signals from IP addresses 
for which it has received a conference connect com* 
mand lor each party of the con fe rence using a conven- 
tional voice signal oonfo ina ion srfieme, such as 
averaging, and is r espo n sfc te for serving the speech 
packets of the cafter associated with ire APU to the 
other APUs of the conference cal 
[0068] The Business-Diaing service requires a busi- 
ness scattered over a g eogr a phi ca l area to have plat- 
forms 310*312 (or at least the network interface 
(APLWU) subset of a platform) associated with or part 
of the PBXs 31 3/314 at the business locations, as lus- 
trated ri Rgure 9. When a caflerwitfun the business has 
dialed a rwnber. the PBX system, say 313. looks-up the 



number in a network database or routing table to deter- 
mine whether a packet-switched network cal can be 
placed instead of a PSTN cafl. When the caled party 
has a network number, the call is transferred to the plat* 

5 form 310 and the process of Figure 4 is performed to 
place the <al to the other busness location of 

pany <wthepackat-swilched-network 16. The network 
interlace 312 at the dest ina tion provides the cal to the 
destination PBX 314 just as the destination APU pro- 

70 vides the call to the PSTN to caO the destination tele- 
phone as descrtoed with respect to Figure 5. That is, Ihe 
destination PBX 314 receives a cafl from the APU just 
0<e a cal from the PSTN 1 2 and connects the cal to the 
called party telephone just as iLwotidTa cal received 

is over the PSTN 12. Each PBX in such a network is 
required to include one or more telephone trunks for 
connection to the network interface. This type of system 
saves the access charge levied by the local telephone 
companies. 

20 [0069] The abewe-description is of some of the special 
services that can be provided over the Internet Other 
services can of course be provided. 
[0090] Echoes are typicaly caused by the analog cir- 
cuits (hybrids) in channel banks and other telephone dr- 

25 cuts for voice channels. For example, droits 
associated with a destination telephone typically reflect 
an echo of source speech back to the source. It is 
important to perform echo cancellation as dose to the 
source of the echo as possible, because, the larger the 

so delay between the generation of an echo signal and the 
cancelation, the greater the amount of signal iniorma- 
tion it is necessary to compare. In the present invention 
tie echo cancellation is preferably performed In the 
DSP of the APU 34 on the fine side for echoes reflected 

» from tie PSTN side, fo the system of the present inven- 
ton. as ikstraled in Figure 10. an ap pfi ca tfo n transmit 
buffer 330 in the APU provides an outgoing speech sig- 
nal to a transmit COOEC 332 that produces PCM s^ 
nals tr ansmi t te d and prodded to an echo cancelation 

40 unit 334. The receive signal fe processed by the cancel- 
lation lavt 334 to remove tie echo before I is suppted 
to a receive CODEC 336, which supplies the receive 
appypafion buffer 33a The present invention uses ed» 
cancelation technology available from Natual Mcro- 

« systems. An energy detector 340 is also provided to 
alow the APU to stop sondtog speech data when there 
te no s peech signal to be processed by fte APU. 
[0091] The present invention has been descrfoed with 
respect to making an IP connec ti on' between the 

so souoe and destination u6ingTCP/IP and UDP. As pre- 
vtousty tfscussed the F connection is made using an IP 
address and F port of boti the source and destination. 
It is also possfcle to estabish cafis using asynchronous 
transfer mode (ATM) switching. 

6 (00921 The present invention has been deserted with 
respect to e stablishing a telephone cal over a packet- 
switched network, such as the Internet however, it is 
possfole for the caD to be estabfished over other types of 
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packet-switched networte, such as an intranet The 
invention can also be used with the eme rg iig standards 
(incorpo rat ed herein by reference) being developed tor 
the Internet, such is K323. K245 and T120 to allow 
the cafl to be a videophone cafl and alow easier cafl 
conferencing, and with emer gi ng protocols (incorpo- 
rated by reference herein), such as RSVP, which allows 
the reservation of resources for a desired level of serv- 
ice quality, and RTF and RTCP. which enhance the 
timeliness and synchronization of the packets. 

[0093] The presert invention has been descrfeed as 
requiring the caller to interact with the source platform to 
set up the call by inputxng the called party telephone 
nunber. However Just as long distance telephone calls 
are routed to afferent carriers dependhg on the carrier 
selected by the caller, it is possfcte tor a certral office 
Mitch to route all long dstance telephone calls from a 
particular telephone to a padcet-switched-network cas- 
ing platform and place thecal over the 
network automatical and transparently. 
(00941 The present invention has also been deserted 
with respect to conducting telephone calls between par- 
ties using co nven tion al telephones. The invention is 
also appicabie to a situation where one of the parties to 
a call is placing thecal via a conputer, such that a 
scriber accessing the platform over the internet using a 
browser can Telephone" another individual converse 
using a telephone. 

Claims 

1. A telephone system, co mpri se i g : first and second 
telephones; 
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A system as recited in 
resources of said first and 
sion units am dynamicaBy 
said transaction. 



1, wherein the 
faoecorwer- 
to complete 
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mines a network address of said second interlace 
conversion unit using a telephone number. 

A system as recited in daim 4, wherein said first 
interlace conversion unit transmits a packet 
witched message to a said second interface con- 
version unit including a network address of said frst 
interface corwersion unit 

A system as recited in daim 5, wherein said second 
interface conversion unit repfies to said request with 
an asynchronous transfer mode network address 
and said first and second interface conversion units 
estabish a virtual connection overpaid packet- 
switchectaetwork. 



7. A telephone system, compri si ng: 

first and second telephones; 
a packet-switched-network; ati 
first and second interface conversion units cou- 
pled to said packet-switched-network and 
respectively to said first and second tele- 
phones, said unte exchanging speech data 
packets ever said network, conver ting packets 
into speech signals and speech signals into 
packets, and conpressing the speech signals 
prior to conversion into speech data packets. 



» 8. A telephone system, co mp risi ng: 



a packet-switched-network; and as 
first and second interface co nver si on units cou- 
pied to said packet-switohed-network and 
respectively to said first and second tele- 
phones, said units exchanging speech data 
packets over said network and converting 40 
packets into speech signals and speech sig- 
nals into packets and dynamicaly alocating 
resources of said packet-switched-network as 
needed to complete a telephone cafi transac- 
tion. 45 



first and second t e lephone s ; 
a packet-switched-network; and 
first and second interface conversion units cou- 
pled to said packet-switched-network and 
respectively to said first and second tele- 
phones, said units exchanging speech data 
packets over said network and converting 
packets into speech signals and speech sig- 
nals into packets and provkfng enhanced cal- 
ing services induing one of: message- 



carn^cn. caUadrtonvqueue. find-me, meet- 
me*aoer, cal-forwardtog. caHntomvt, cal- 
wafting, business-tfalng, automatic-cal-cfistri- 
bution, virtuai-automatic-a^^ 
speed-dial caMransfer. cortferenceolfing 
and nfftwnrt tx Iiibi lihli uliiwi 



so 9. A telephone system, compri si ng: 



3. A system as recited in daim 1 or 2, wherevi said 
fret and second interfaoe conversion units 
exchange network addresses used for s wehanginy 
the speech data packets. & 

4. A system as recited in any of the prececfing dams, 
wherein said first interface conversion uiit deter- 



a packet^switched^etwork; and 
an interface conver si o n unit coupled to said 
packet-stfilched-network and to said tele- 
phone, said unit conver ti ng speech signals 
from said telephone into speech data packets, 
transmitting tie speech data packets over said 
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networfc and converting received speech pack- 
ets received over said network into speech sig- 
nals supplied to said telephone. 

10. A telephone system, oorrphsing: 5 

a switched telephone network; 
first and second telephones connected to said 
switched telephone network; 
apacket-switched-network; 10 
a first interlace conversion unit coupled to said 
packet-GWTtched-network and to said first tele- 
phone, said first unit exchanging speech cfeta 
pac kets wi th said pactet-swrtched-networkand 
converting data packets into speech signals is 
and speech signals into data pactets, said fret 
unit comprising: 

a first cfigHai switching system coupled to 
said switched telephone network and rout- 20 
ing a telephone caU from said first tele- 
phone; 

a first application processing unit coupled 
to said <£gitaf switching system, receiving 
the routed telephone call, interfacing with a zs 
cafler to identify a caled telephone 
number, determining a packet switched 
ca lled adt fress associated with the called 
telephone number, and converting speech 
signals to and from speech data; and 90 
a first network p roce ssi ng unit coupled to 
said packet-switched^etwork and said 
fist application processing unft, converting 
the speech data into data packets, trans- 
mitting the data packets to the address, » 
converting received data packets into 

speech data provided to said fist appfca- 
tion processing unit; and 

a second interface conversion unit cocked to 40 
said pacfcet-swttched-network and to sad sec- 
ond telephone, said second 1** cmhanpng 
speech data packets win said packet- 
s*itched-oetwork and converting data packets 
"to speech signers and speech signals into <s 
data packets, said first unit comprising: 

a second dgital switching system coupled 
to said switched telephone network m* 
routing a telephone cai to said second tet- so 
ephone; 

a second appicalion processing unft oou- 
pled to said <*gteJ switching system, crt- 
ing the called telephone number aid 
«wertng speech signals to and from ss 
speech data; and 

a second network processing int copied 
to said packet-swrtched-network and sad 



26 

second application processing unit, con- 
verting the speech data into data pactets. 
transmitting the data packets to the fist 
network processing unit converting 
received data packets into speech data 
provided to said second app li c a tion 
processing unit 

11. A telephone system, comprising: 

fist and second telephones; 
a packet-swifched-network; art 
fist and second itterfececonverskflurttscou- 
pled to said packet-switched^etwork and 
respectively to said first and second tele- 
phones, said units dynamcafiy allocating 
resources of said pecket-switehed network as 
nee ded to complete a telephone cafl transac- 
tion, eic nai gig speech data packets over said 
network, converting packets into speech sig- 
nals and speech signals into packets and per- 
forming echo cancellation associated with the 
conversion. 

12. A telephone system, comprising: 

first and second telephones; 
a packet-ewitched-network: and 
fist and second interface conversion units cou- 
pled to said pacM-swrtched-rwfcvo* and 
respectively to said first and second tele- 
phones, said units exchanging speech data 
packets over said network, conveiUng packets 
into speech signals and speech s&ids into 
packets and p e nomiiu echo cancelation 
ass oci at ed with the conversion, said conver- 
se*""** c ompri si ng a speech signal sflence 
detector and the converting of speech signals 
into packets is responsive to said sience 
detector 

11 A telephone cal method, comprising: 

dynamicaly alocating packet-switched net- 
work resources as needed to complete a tele- 
phone can transaction; 

convert! >U speech signals torn a eating tele- 
phone into caing party speech data packets; 
traremitfiriQ the caing party speech data pack- 
ets to a caled party destination using the 
packet^witehed^etwork; and 
converting the caing party speech data pack- 
ets into caled party speech signals. 

14. A method as recited in claim 13, further con prisin g 
pnwicfing the caled party speech signals to a called 
telephone. 
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15. A method as recited in daim 13 or 14, further com- 
prising exchanging pacfcet-switched-network 
addresses associated with the caller and called tel- 
ephones. 

5 

16. A method as recited in any of claims 13 to 15. fur- 
ther compri si ng est ab ishing a virtual circuit over 
the packet-switched-network. 

17. A telephone cafl method, compri si ng: converting io 
speech signals from a cafling telephone into caltng 
party speech data packets when the speech signals 
are above a spooch signal threshold; transmitting 
the catling party speech data packets to a called 
party des tina tion using a packet-switched-network; is 
and converting the calling party speech data pack- 
ets into caled party speech signals. 

18. A telephone call method, compri si ng: converting 
speech signals from a caifing telephone into cafling so 
party speech data packets, transmitting the calling 
party speech data packets to a called party destina- 
lion using a packetowrtched-networK 

converting the cafling party speech data pack* 25 
ets into cafled party speech signals; and 
determining a network delay and adjusting a 
sound segment size of -the data packets 
responsive to the delay. 

30 

19. A method as recited in daim 18. wherein the size 
composes 1.5 times the delay. 

20. A t ele pho ne system, c ompri si ng: 

35 

first and second telephones; 

. a packet-switched-network; and 

first and second end points coupled to said 

packet swAched-network and respectively to 

said first and second telephones, said end 40 

points managing a telephone cal between said 

first and second telephones over said network. 

21. A telephone system as recited in daim 20, wherein 
said end points comprise means lor providrig 4s 
enhanced calling services induing one of: mes- 
sage-deflveryt cafi back, caKscrocring, network- 
camp-on, caHrcMrorrvqueue, fM-me, meet-me- 
pager, catt-tarwardtog, cal iilei njpt cal 'waiting, 
business-dating, automatic -caf*<£strfoubon, vir- so 
tual-autormtic<sdkfistrSxjtion, speeddal, cal- 
transfer, confe ren ce - cal ng and network-adrms- 
tration. 

22. A telephone call method, compri si n g : 55 

managing a telephone cafl o*er a packet- 
switched network between source and destina- 



tion end points. 

23. A method as recited in daim 22, wherein said man- 
aging provides enhanced cafling services including 
oneofrmessage-deiive^ 
network-camp-on, cal-bacMrom-queue, fmd-me, 
meet-me-pager, call-torwarding, cafl-intempt, cal- 
waiting, business^diaing, automatic-caBHfistribu- 
boa virlual-automatic<aMist^ speed-cfial. 
call-transfer, conference-caffing and network- 
adnmiis ii aU u n . 

24. A method as recited in daim 22 or 23, wherein said 
managing oomprises* * 

initiating a packet-switched packet communica- 
tion between the end points; and 
performing packet coniiwticafion between the 
end points to es ta b feh a cal between the end 
points. 

25. A method as recited in any of claims 22 to 24, 
wherein said managing comprises: 

initiating a pnekrt switched packet communica* 
Don Dcrwcen xne eno poms, ano 
performing packet oommunication between the 
end points to establish an enhanced telephone 
service between the end points. 

26. A method as recited in any of claims 22 to 25, 
wherein said managing comprises dynamically 
allocating network resources as needed to com- 
plete a telephone call transaction. 

27. A metftod as recited in any of bairns 22 to 26. 
wherein said managing com * dynamicafly 
^locating end point resources sded to com- 
plete a telephone call transacts 

28. A telephone system, c o m pri si ng: 

first and second telephones; 
a network; and 

first fflid second irtelace conversion units cou- 
pled to said network and respectively to said 
first and second telephones, said units 
exchanpng s p ee c h data packets over said net- 
work, converting packets into speech signals 
and speech signals into packets, and dynami- 
caly aflocating resources of said network and 
said units as needed to comple te a telephone 
cal transaction. 
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FIG. 4 
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FIG. 6 
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